The purpose of this study was to examine several factors of vocal quality that might be affected by changes in vocal fold vibratory patterns. Four voice types were examined: modal, vocal fry, falsetto, and breathy. Three categories of analysis techniques were developed to extract sourcerelated features from speech and electroglottographic (EGG) signals. Four factors were found to be important for characterizing the glottal excitations for the four voice types: the glottal pulse width, the glottal pulse skewhess, the abruptness of glottal closure, and the turbulent noise component. The significance of these factors for voice synthesis was studied and a new voice source model that accounted for certain physiological aspects of vocal fold motion was developed and tested using speech synthesis. Perceptual listening tests were conducted to evaluate the auditory effects of the source model parameters upon synthesized speech. The effects of the spectral slope of the source excitation, the shape of the glottal excitation pulse, and the characteristics of the turbulent noise source were considered. Applications for these research results include synthesis of natural sounding speech, synthesis and modeling of vocal disorders, and the development of speaker independent (or adaptive) speech recognition systems.
INTRODUCTION
The quality of voice may be referred to as the total auditory impression the listener experiences upon hearing the speech of another talker. There is no generally accepted definition of vocal quality and the term has been used in different contexts, e.g., a phonetician might use quality in the context of articulatory differences; a singer might refer to the quality of vocal registers, which are related to vocal fold vibration; and quality might be used to describe voice types such as breathy, hoarse, or harsh. In this study, we investigated aspects of vocal quality related to vocal fold vibratory patterns, i.e., laryngeal vocal quality. We did not address two other common characteristics of vocal quality, namely, loudness, and resonance.
Our purpose was to improve existing or develop new speech and electroglottographic (EGG) analysis techniques to assist the assessment of vocal quality and to design new voice source models for synthesizing natural sounding speech with a selectable vocal quality. We investigated the present our source excitation model. This study considered two types of experiments: (1) voice quality factors that might be influenced by changes in vocal fold vibratory patterns and (2) the perceptual validation of the effects of acoustic parameter variations on the quality of the synthesis of a particular voice type.
I. EXPERIMENTAL PROCEDURES
A summary of our research scheme appears in Fig. 1 . The speech and electroglottographic data were digitized simultaneously using Digital Sound Corp. DSC-240 preamplifiers and a DSC-200 digitizer. We sampled each signal at 10 kHz with 16-bits precision. The microphone was an Electro-Voice RE-10 held six inches from the lips. The EGG device was a model from Synchrovoice, Inc. All data were collected in a professional IAC single wall sound booth. A Digital Equipment Corp. VAX 11/750 computer system managed the data collection.
The subjects for this study consisted of 23 (8 male, 15 female) patients with a vocal disorder or pathology and 52 (27 male, 25 female) subjects with a normal larynx. We denote the patients as Pn, where n goes from I to 23, while the normal subjects are denoted as Nn where n goes from 1 to 52. The subject's ages ranged from 20 to 80 years old. The complete speech protocol consisted of 27 tasks, including ten sustained vowels/i, l, •, •e, o, a, u, u, ^, e/, two sustained diphthongs/ou, el/, five sustained unvoiced fricatives/h, f, O, s, J'/, and four sustained voiced fricatives/v, 8, z, 3/. The subjects were instructed to pronounce and sustain each vowel as it would be pronounced in the following words, respectively: beet, bit, bet, bat, Bob, bought, book, boot, but, Bert. Similar instructions were given for the diphthongs, for which the cue words were boat and bait, while for the frica-ship, van, this, zoo, and azure. The duration of each vowel, diphthong, and fricative approximated 2 s. The additional tasks included counting from one to ten with a comfortable pitch and loudness, counting from one to five with a progressive increase in loudness, singing the musical scale using "la," and speaking three sentences. (We were away a year ago. Early one morning a man and a woman ambled along a one mile lane. Should we chase those cowboys.9) This complete protocol has provided a data base for several studies on voice quality and speech synthesis, including this one. For this study, we analyzed only data for the two vowels/i/and /o/, the three sentences, and selected data records from the counting task. The two vowels were selected because two recent studies had found acoustic correlates of vocal quality and vocal disorders using these two vowels (Prosek et al., 1987; Eskenazi et el., 1990). We analyzed the sentences and the counting task to give us some indication of the glottal factors in a word and sentence context.
II. ANALYSIS FOR EXTRACTING SOURCE FEATURES
A. Inverse filtering The two-pass method first identifies the locations of the main pulses of the LP error signal derived during the first pass of the inverse filtering procedure. These main pulses are then used as indicators of glottal closure, and a "pseudoclosed phase" is selected as the analysis interval for a pitchsynchronous covariance LP analysis to estimate the vocal tract filter, which in turn is used to obtain the desired glottal A block diagram of the two-pass method is shown in Fig. 3 . During the first pass, a pitch-asynchronous (fixed frame) LP analysis is performed on the input speech signal s(n ). The estimated LP filter, V, (z), is used to derive the LP error signal, q• (n), by inverse filtering. For a voiced speech signal, the LP error function is characterized by a pulse train with the appropriate pitch period. The locations of these pulses are detected by a peak-picking method and are used as indicators of glottal closure. In the second pass of the procedure, a pitch-synchronous covariance LP analysis is used to estimate an improved LP filter, V 2 (z). For each pitch period, the criterion for determining the analysis interval is to pick the samples starting one point after the instant of the main pulse. The formant resonances of the vocal tract are estimated by solving the roots of the LP polynomial. The formant structure is then shaped by empirical rules, which include: ( 1 ) discarding the roots with center frequencies below 250 Hz, (2) discarding the roots with bandwidths greater than 500 Hz, and (3) merging two adjacent roots.
The refined ferment resonances are then used to construct the vocal tract transfer function, which is used in the final (second-pass) glottal inverse filtering procedure. The direct output of the glottal inverse filtering operation is a differential glottal volume-velocity u• (n) (i.e., the equivalent driving function to the vocal tract filter), which represents the combined effect of the lip radiation and the glottal volumevelocity. A glottal volume-velocity waveform, u• (n), is derived by integration. The validity of the two-pass method was verified by testing it with synthetic speech signals (Lee, 1988) . The synthetic speech signals were produced by a cascade formant synthesizer (Klatt, 1980) excited by stylized glottal pulses generated by the LF (Liljencrants and rant) model (rant etal., 1985) . A typical result appears in Fig. 4 breathy, we measured the following features: ( 1 ) instant of maximum closing slope ofthe glottal pulse, (2) glottal pulse width, and (3) glottal pulse skewness (ratio of duration of glottal opening phase to duration of glottal closing phase). For modal and vocal fry phonations, the instant of the maximum closing slope occurs near the instant of glottal closure, resulting in an abrupt termination of the glottal airflow. For falsetto and breathy phonations, the instant of the maximum closing slope occurs near the middle of the glottal closing phase, followed by a residual phase of progressive closure.
The glottal pulse widths were moderate (65%-70% of the pitch period) for modal phonations and small (25%-45% of the pitch period) for vocal fry. Falsetto and breathy voices had large pulse widths (90%-100% of the pitch period), often making it appear there was no closed phase. Glottal pulse skewness also varied with voice type. The ranking of voice type according to decreasing skewness was vocal fry, modal, falsetto, and breathy.
C. Glottal spectral characteristics
The literature (e.g., Monsen and Engebretson, 1977; Pinto et al., 1989) suggested that the glottal waveforms of different voice types could be distinguished by two factors: (1) the general spectral slope (tilt or.trend), and (2) the relationship between the intensity of the fundamental frequency and its harmonics. For normal phonations, Flanagan (1957) gave an average value of --12 dB/octave for the slope of the glottal spectra. This lead to the commonly accepted two-pole model for approximating the general spectral trend of a normal glottal volume flow: Figure 5 shows the Fourier spectra and the corresponding two-pole approximations for the glottal pulses of various voice types. The results show that the two-pole model is appropriate for modal phonations and is reasonably good for vocal fry except for a small low-frequency interval (below the third harmonic). However, the two-pole model is not adequate for falsetto and breathy phonations, which have spectral roll-off rates higher than 12 dB/octave. For these latter two types of phonation, we found that a three-pole model provides a better fit to the data, e.g., (2) where zc is the third real pole inside the unit circle. For both the two-and three-pole models, we found that we could set z• equal to unity and then calculate zb and z• from the preemphasized glottal waveform using linear prediction analysis of the waveform estimated by inverse filtering. Table I lists typical values of zb and zc for the inverse filtered glottal waves for the four voice types for selected patients and normal subjects. The results confirmed that the general spectral slope (tilt) of a modal or vocal fry phonation can be modeled by two real poles. On the other hand, to simulate the spectral slope of a falsetto or breathy phonation, one extra real pole was required to account for its steeper roll-offrate. Figure 6 shows the improved spectral matching using the three-pole model for the falsetto and breathy phonations.
Our two-and three-pole models approximate the highfrequency spectral slope of a glottal pulse better than the low-frequency characteristics. An explanation for this is that the glottal pulse must be of finite duration. Therefore, an exact model would be a finite impulse response filter, and hence, would contain only zeros. Our results showed that the use of an all-pole model will cause mismatch of the model spectrum with the data at low frequencies (see Figs. 5 and 6). We reasoned that the low-frequency mismatch would not be as important perceptually as the high-frequency characteristics provided the harmonics in the speech signal were reasonably well matched by the model. This point was to be examined using a perceptual evaluation of synthesized tokens.
The spectral tilt or slope of the glottal pulse can be measured without estimating the waveshape of the glottal pulse.
The general spectral slope for a voice phonation is determined by the combined contribution of the spectra of the glottal pulse and the lip radiation. This spectral slope may often be approximated as a two-pole spectrum, i.e., two real poles inside the unit circle. These poles are estimated using 
O. Fundamental frequency and harmonics
The harmonics in the speech signal below the first formant are often considered important for the perception of vocal quality (Holmes, 1973 ) . This is presumably due to the high energy in these harmonics. We found that the glottal spectra of different voice types showed distinctive amplitude relationships between the fundamental and higher harmonics. Figure 7 shows the glottal spectra for various voice types, displaying only the first ten harmonics. There are distinctive amplitude relationships between the fundamental and the higher harmonics aside from the differences in the spectral slope as discussed above. We defined a parameter called the "harmonic richness factor" (HRF) to ineasure this relationship where Hi is the ainplitude of the ith harmonic and H• is the amplitude of the fundamental frequency. We found that vocal fry was approximately characterized by a high HRF (2.1 dB) followed by modal ( -9.9 dB), breathy ( -16.7 dB), and falsetto ( -19.1 dB). Falsetto and breathy voices had a high intensity fundamental as well. These variations in harmonic relations appear to have little significance for speech intelligibility (phonetic identifiability) but affect the perceived vocal quality.
E. Interharmonic noise
Turbulence at the level of the glottis has been noted to contribute to the perceptual quality ofbreathy voice ( 
where (Ni) and (Hi) are the noise and harmonic components above 2 kHz, respectively. The overall NHR, which was defined over the whole frequency range (0-5 kHz), was also computed for comparison. Table II lists the analysis of results for three voice types. The NHR h (noise-to-harmonic ratio above 2 kHz) is a good indicator for the existence of the vocal quality ofbreathiness. We were unable to measure reliably NHRh for vocal fry.
F. Temporal energy distribution
The temporal energy distribution of a speech waveform is related to the glottal excitation and has long been thought to affect vocal quality. Wendahl et al. (1963) and Coleman (1963) established that the perception of vocal fry is related to the damping of the speech signal between glottal excitations. To measure the decay characteristics of a speech waveform during a single pitch period, a parameter called the waveform peak factor (WPF) was defined as WPF = peak amplitude = max(Ixil) (6)
where xi is the amplitude in the ith sample point and Nis the total number of sample points in one pitch period. Theoretically, the WPF has a minimum value of 1 when the waveform is fiat, and a maximum value N •/2 when the waveform is an impulse. The WPF value of a speech waveform is related to the underlying glottal waveshape. For glottal waves with narrow pulses separated by a long glottal closure, the WPF value is large and for pulses of long duration the WPF is near unity.
Although the average WPF values for sustained vowels vary somewhat with the type of vowel for the same subject and voice type, a general rule is that vocal fry, modal and falsetto registers are characterized by WPF values that are high (4.0), medium (2.8), and low (1.8), respectively. We were unable to measure reliably the WPF for breathy voices. Our results imply that vocal fry register is characterized by a pulselike excitation waveform with a long glottal closure, while falsetto register is characterized by a short glottal closure.
G. EGG waveform features
The electroglottographic signal ( The average PP and OQ values estimated from the DEGG waveforms of various voice types were generally lower than those estimated from the inverse filtered glottal waves. This was particularly so for falsetto and breathy voices, which have progressive glottal closures, consequently, the EGG-based technique underestimated the OQ values. Nevertheless, the results still showed that the ranking in order of increasing OQ values were vocal fry, modal, falsetto, and breathy voices, respectively. One of the important advantages of using the EGG is that it can register the dynamic characteristics of vocal fold movements of continuous speech.
III. A NEW EXCITATION MODEL
The overall spectral envelope for voiced speech is determined by three factors (Fant, 1960; Flanagan, 1972 
D. Existing source models
To synthesize natural-sounding speech with various quality characteristics, a voice source model must have controllable parameters that are important for perception. As discussed above, we considered glottal pulse width, glottal pulse skewhess, the abruptness of glottal closure, and a turbulent noise component as important features for a source excitation model. Several typical glottal waveform models and voice source models already exist (Rosenberg, 1971; Fant, 1979 
E. A new experimental source model
Based on the data from this study, we designed the excitation model shown in Fig. 15 , which consists of two components: (1) a glottal pulse generator, and (2) a turbulent noise generator.
I. GIottal pulse generator
We adapted the LF model (Fant et al., 1985) for the glottal pulse generator because the LF model can approximate a wide range of pulse widths, pulse skewness, and abruptness of glotta1 closure. Furthermore, the parameter values for the LF model can be derived by using the inverse filtered differential glottal waveform and/or the EGG signal.
Turbulent noise generator
The turbulent noise generator consists of a random number generator, a spectrum-shaping filter, and an amplitude modulator. The random number generator produces random noise with a normal distribution and a flat spectrum. The amplitude level of the random noise was controlled by a parameter, A,,, that specified the ratio of the energy of the noise to the energy of the glottal pulse wave- The parameter D• controls the duration of the noise source, e.g., D, = 50% denotes that the noise source is on the 1/2 of the pitch period of the glottal excitation waveform. At present, these parameters are specified by the designer, but in the future they might be measured from the speech signal. Besides simulating breathiness, the turbulent noise generator is also suitable for producing excitation signals for voiced fricatives, where the turbulent noise is generated at a constriction in the vocal tract. Our observations suggest that the amplitude modulation factor is important for voiced fricarives.
IV. PERCEPTUAL EVALUATION

A. Method
The tokens for the listening tests were synthesized using a cascade formant synthesizer of our own design (Pinto et al., 1989) but based on Klatt's synthesizer (Klatt, 1980) . For the listening tests reported here, all tokens were the sustained vowels/i/and/o/.
All tokens were 2 s in duration; all were adjusted to have the same energy level. While we were able to synthesize sentences, this involved additional factors such as phoneme transitions that were not part of this study.
The tokens for the listening tests were generated by comput- of glottal closure). Each of these parameters was progressively varied in four steps while the other parameters were held fixed. Thus we created a group of four synthesized vowels with only one parameter being varied in four steps. The $Q and OQ were varied in a similar manner and the same vowels were also synthesized. The judges for the listening tests were three professors from the Department of Speech at the University of Florida. Each judge was familiar with synthetic speech. Furthermore, each judge was an expert in voice evaluation in a clinical setting. Only three judges were used for the listening tests since we sought preliminary guidance with respect to the effectiveness of our glottal source model for synthesizing three voice qualities. Each judge was asked to perceptually rate the various tokens in the manner described below. The judges were not informed as to the manner by which the tokens were synthesized; i.e., they did not know the excitation source parameters that were being varied nor the order in which the synthesized tokens were presented, although this was not a factor since they could listen to the vowel tokens within a group as many times as they desired before indicating a rating of the vowel tokens. The judges were given three terms to describe and, thereby, rate the three voice qualities we synthesized, namely, naturalness, breathiness, and hypo-/hyperfunction. Naturalness was defined as "human sounding." The judges were familiar with breathiness and generally agreed that a breathy voice is usually associated with an incomplete glottal closure during vocal fold vibration, suggesting that the important audible component of the sound is the noise that is produced by the escapage of turbulent airflow at the glottis. The judges also agreed that the voice quality of hypo-or hyperfunction is related to the perceptual sensation of vocal effort. Hyperfunction was used to describe a strained or tense voice quality, as if the vocal folds were compressed during phonation. Hypofunction was Only one type of rating was made at a time, e.g., naturalness or breathiness or hypo-/hyperfunction. Ifa particular group of tokens was to be rated for two voice qualities, then the judges listened to the group of tokens on two separate occasions. A rating of six represented the highest degree of quality for naturalness and breathiness. A rating of six on the hypo-/hyperfunction scale represented the extreme hyperfunction while zero represented the extreme hypofunction and three represented a normal voice quality. The judges were allowed to train on both synthesized and spoken tokens for the three voice qualities of naturalness, breathiness, and hypo-/hyperfunction. This allowed each judge to establish a correspondence between their own perceptual evaluation and the rating scale they were to use.
B. Results
For the rating of the degree of hypo-/hyperfunction, i.e., the lax/tense vocal quality of the vowel tokens, the results were as follows. With t o and t,, fixed, as t o varied from 58% to 36% the synthesized voice was judged to go from hyperfunctional to hypofunctional. The perceptual ratings by the three judges were in general agreement on the seven point scale. The rating for t o = 58% was (5, 4, 6) for judges 1, 2, and 3, respectively. When t o= 36%, the rating was (0, 1, 0). With t o and t o fixed and L, varying from 55% to 85%, the synthesized voice was judged to go from slightly hyperfunctional to hypofunctional. The judges' ratings for t e = 55% was (4, 4, 6), while that for t,. = 85% was (0, 0, 0). A result similar to the latter was obtained with tp and fixed but with t,, varying from 0% to 10%. The ratings for t o = 0% was (5, 4, 5) and was (0, 1, 0) for t• = 10%.
The perceptual sensation of vocal effort was closely related to the speed quotient, SQ. A high SQ (7.3) produced a broad peak in the spectrum at high frequencies, which was perceived by the judges as a tense or hyperfunctional vocal quality. The judges' ratings were (5, 4, 6). On the other hand, a small SQ ( 1.2) produced a steeply declining spectral slope for the source, which resulted in a lax or hypofunctional vocal quality. The judges' rating were (0, 1,0). An SQ of 3.0 produced tokens that were judged as normal in voice quality. The rating was (3, 2, 3) (2) Although the location within a pitch period of the noise production was not critical, the perception of naturalness was improved when the noise source was located near the time at which maximum glottal closure occurred or slightly after, i.e., T, occurred at about 75% of the excitation pitch period (Lee and Childers, 1990; Childers and Ding, 1991 (3) High-pass filtering of the turbulent noise is not critical for the perception of breathiness since the effect of noise in the low-frequency region is masked by strong harmonics of the fundamental frequency.
(4) The degree of perceptual breathiness was primarily determined by the noise-to-harmonic ratio at frequencies above 2 kHz, The noise pulse energy, A,, was about 0.25 %. The NHR h was controlled by varying the harmonics of the glottal excitation pulse. This was done by varying tp, t•, and t, being the major parameter.
Other experiments were conducted to synthesize vocal fry and falsetto. These experiments, however, were found to require parameters that were not the primary interest of this study, e.g., F0, F0 perturbations, and multiple excitation pulses for vocal fry. Consequently, we do not report these results here.
V. DISCUSSION AND CONCLUSIONS
The four voice types (modal, vocal fry, falsetto, and breathy) were found to be characterized by four major factors: pulse width, pulse skewness, the abruptness of glottal closure, and turbulent noise. The effectiveness of the four factors for synthesizing a particular vocal quality was evaluated using a new source excitation model with a formant synthesizer. Other factors included the glottal spectral slope, the harmonic richness factor, and the waveform peak factor. Typical measured values for each of these factors are indicated in Table IV. From the perceptual listening evaluations of the synthesized vowel tokens, we found that the major distinguishing features in the frequency domain included the slope of the spectrum and the relationships between the fundamental frequency and higher harmonics as well as the noise-to-harmonic ratio. The results showed that the sensation of vocal effort is closely related to two parameters of the glottal waveform: the speed quotient (a time domain parameter) and the spectral slope (a frequency domain parameter). A large SQ (7.3) produces energy at higher frequencies, thereby causing the perceptual sensation of tense or hyperfunctional voice quality. On the other hand, a small SQ (1.2) causes a steep-falling spectral slope resulting in a lax or hypofunctional voice quality. The results of the listening tests also revealed that the degree of perceptual breathiness was strongly correlated with the noise-to-harmonic ratio above 2 kHz. The temporal characteristics of the turbulent noise source were also found to be important for producing a natural-sounding voice or a breathy voice. The three major parameters of the glottal excitation model are: (1) T,--the location of the onset of the turbulent noise source as a percentage of the pitch period (typically 75 % ); (2) D,the duty cycle of the turbulent noise source (typically 50%); and (3) A,--the ratio of the noise energy of the turbulent noise source to the energy of the glottal excitation pulse (typically 0.25 %). The NHR h for the model is controlled by the shape of the glottal pulse generated by the model. The key parameter is Since the judges' ratings for the various listening tasks were found to generally agree with one another, we feel that other similarly skilled judges would have rated the tasks in a similar manner. The listening test results also imply that on the whole the glottal excitation model and its associated parameters were effective in synthesizing the three voice qualities of naturalness, breathiness, and hypo-/hyperfunction. However, the listening test results should not be interpreted as determining the best choice of glottal excitation param- As a final note, we mention that the knowledge gained from this study might benefit applications of speech recognition and speaker identification. For example, one application would be to examine ways to study the extraction and use of source parameters for speaker adaptive signal processing to improve the reliability of a speaker-independent speech recognition system. 
